A number of soundscape studies have suggested the need for suitable parameters for soundscape measurement, in addition to the conventional acoustic parameters. This paper explores the applicability of pitch features that are often used in music analysis and their algorithms to environmental sounds. Based on the existing alternative pitch algorithms for simulating the perception of the auditory system and simplified algorithms for practical applications in the areas of music and speech, the applicable algorithms have been determined, considering common types of sound in everyday soundscapes. Considering a number of pitch parameters, including pitch value, pitch strength, and percentage of audible pitches over time, different pitch characteristics of various environmental sounds have been shown. Among the four sound categories, i.e. water, wind, birdsongs, and urban sounds, generally speaking, both water and wind sounds have low pitch values and pitch strengths; birdsongs have high pitch values and pitch strengths; and urban sounds have low pitch values and a relatively wide range of pitch strengths.
Introduction
Over the past fifteen years, the perception and evaluation of soundscape (referring to the total sound environment [1] ) have been researched through numerous studies. It has been revealed that conventional acoustic parameters for noise measurement [2, 3] , e.g. weighted sound pressure levels (SPLs), alone are not adequate for the measurement of soundscape [4] ; more parameters are needed, which are more likely to be correlated with people's subjective evaluation of soundscape [5] [6] [7] , such as comfort [4] , pleasantness [8] , annoyance [9] , etc. For example, background noise level, standard deviation of short L Aeq [4, 8] , temporal structure [10, 11] and some psychoacoustic parameters [12, 13] have been used. In addition to these parameters, there is a recognized need to explore the possibility of additional parameters for soundscape measurement.
Since soundscape and music are closely related, in that music could be regarded as an imitation of environmental soundscapes or an ideal soundscape of the mind [1] , musical features, particularly the psychoacoustic parameters that have previously been applied mainly in music perception, may also be applicable in soundscape research. In the fields of music psychology and psychoacoustics, the sensations of hearing are generally studied from four aspects, i.e. loudness, pitch, rhythm, and timbre. While loudness, timbre (including sharpness, tonality, roughness and fluctuation strength), and rhythm have been used to analyze the characteristics of soundscapes and environmental sounds [14] [15] [16] [17] , further study is required of the pitch aspect. Pitch corresponds to the sound's physical property of frequency, whereas loudness, rhythm, and timbre respectively correspond to amplitude, time, and both frequency and time properties. Pitch may be defined as "that attribute of auditory sensation in terms of which sounds may be ordered on a musical scale" [18, 19] . (The pitch value to a sound is generally assigned by the frequency of a pure tone having the same subjective pitch as that sound [18] .) While pitch or pitch value specifies the pitch sensation along a scale from low to high, other pitch parameters define additional pitch sensations independent of pitch value, e.g., pitch strength specifies the sensation along a scale from faint to distinct [20] .
In the field of psychology of music, relations between musical features and humans' emotion and evaluation have been studied for decades. For example, high pitch, wide pitch range and large pitch variation may be associated with emotions like high activation, excitement, surprise [21] , happiness [22, 23] , pleasantness, anger, and fear [24] ; low pitch and narrow pitch range may be associated with low activation, calmness, boredom, sadness [22] , unpleasantness, and pleasantness, and small pitch variation with anger and fear [25] .
Sound sample collection
Environmental sound sources that are often heard in outdoor soundscapes of everyday life are considered in this study, which include sounds from both nature and human activity/facility. The sound recordings were collected from multiple databases and supplemented by recordings made by the authors. Recordings were made in the countryside, natural parks, and urban areas in England, from 1994 to 2010. Calibration was based on measured SPLs, or in cases where calibration data was not available, based on reasonable estimates of the SPL range [14, 16] . The recordings are mono channel, 30 seconds in duration, and are sampled at 44,100 Hz (16 bit). Further details (including the recording equipment used) of the recordings can be found in [14] . To examine the applicability of the pitch algorithms to soundscape research (Sections 3 and 4.1), a small set of samples are used, including 11 environmental sounds in which a single sound source is predominantly present and 4 soundscape sounds in which multiple sound sources are simultaneously present. The 11 environmental sound recordings are sounds of stream, river, sea waves, wind, birdsong, fountain, church bells, street music, street machinery, traffic, and voice. The 4 soundscape sound recordings are from 4 common urban places, and have different combinations of sound sources; they are soundscapes on a street with traffic, clock (Big Ben), and talking sounds, in a park with fountain and geese sounds, in a market place with talking sounds and footsteps, and in an urban square with music and talking sounds. Since the applicability of pitch algorithms is affected by the spectrum of audio signal to be estimated, specifically, whether it is composed of mainly broadband/band-pass noises or complex/pure tones, this small set of samples, from the collected recordings, is selected to cover a representative range of spectra and their variations of time of natural and urban environmental sounds [27] . For example, wind and traffic sounds are studied for broadband noises, machinery for band-pass noises/tones, birdsong, church bells, music, and voice for tones, and stream sounds for a combination of noises and tones. The natural water sounds of stream, river, and sea waves are all included since they have quite different patterns of variations of spectrum. The spectra over time of part of the recordings are shown in Fig. 1 . It shows that the music in particular has a rather different spectrum compared to the other sounds, suggesting the importance of studying the applicability of musical features to environmental sounds.
To analyze the characteristics of various environmental sounds in terms of the pitch features (Section 5), 102 30-s recordings with single sound sources are used. Also, the correlation and principal component analyses of the developed pitch indices (Sections 4.2 and 4.3) are based on the large sample set. This set of recordings comprises natural sounds, which include water sounds (stream, river, and sea waves), wind sounds (in deciduous/coniferous trees and heathland), and birdsongs (in woodland, heathland/grassland, moorland/wetland, farmland, and coastal), and human activity/facility sounds in urban areas, which include sounds of church bells, fountains, street music, street machinery (e.g. cleaning machine, rubbish bin loading, and construction work), traffic, voice, and footsteps. In this paper, fountain sounds, differing from natural water sounds, are included in urban sounds, according to the definition of natural sounds in [16] (their primary excitation mechanism are not from nature), and since they have higher energy in high frequencies than natural water sounds. (More details about the composition of the 102 sound samples, including the numbers of recordings in each sound category, i.e., water sounds, wind sounds, birdsongs, and urban sounds, can be found in Fig. 4 and Table 5 .)
Model implementation and comparison
A number of pitch models, i.e. spectral model and temporal model, according to the two classes of pitch perception theories, and simplification model for real-time pitch analysis in music and speech, are simplified/modified and implemented in a MATLAB program with MIRtoolbox 1.3.4, and then compared based on their pitch estimation performance for environmental sounds. The MIRToolbox is a MATLAB toolbox dedicated to the extraction of musically related features from audio signals, within the context of music information retrieval (MIR) [28] .
Spectral model
There have been two classes of pitch perception theories that attempt to correlate the pitch of stimuli with the anatomical properties and physiological responses of the auditory system [18] . One of them is the 'place' theory [29] . As the spectral analysis taking part in the inner ear, different frequencies of a stimulus excite different places along the basilar membrane (BM) and hence neurones with different characteristic frequencies (CFs). The 'place' theory proposes that the pitch is determined by the recognition of excitation pattern of different places along the BM.
The implementation of the spectral model is based on Wightman's mathematical "pattern-transformation model" [30] , which shows a family similarity to Terhardt's pattern recognition model [29, 31, 32] (a combination or competition of spectral-pitch pattern and virtual-pitch pattern) and Goldstein's theory [33, 34] , and is less computationally sophisticated. It is implemented through the calculation of cepstrum, which is defined as the power spectrum of the amplitude-logarithm of the power spectrum [35] , and has been used for pitch detection in voiced-speech [36, 37] . That is, the model calculates first the power spectrum of an audio signal, which roughly transforms the stimulus into a pattern of peripheral neural activity or response of the BM, and then performs a Fourier transformation on the power spectrum. In other words, the output transformed pattern is the autocorrelation function of the signal; this is a spectrally based autocorrelation model (frequency domain computation) and thus phase-insensitive, which is different from temporally based autocorrelation models (time domain computation) as following in Section 3.2 that are phase-sensitive [38] . The pitches correspond to the peaks in the cepstrum: The abscissas of the function correspond to the reciprocal of the values of the perceived pitches, whereas the ordinates are related to the corresponding pitch strengths of the pitches [16] .
Temporal model
An alternative to the place theory is the 'temporal' theory [18] . When a neurone is excited, the nerve firings tend to occur at a particular phase of the stimulating waveform, and thus the intervals between successive neural impulses approximate integral multiples of the period of the stimulating waveform (i.e., phase locking). The 'temporal' theory suggests the pitch is related to the temporal patterns of neural impulses within and across neurones.
The implementation is based on the temporal models of Moore [18] and Meddis et al. [39] [40] [41] , with some simplifications for pitch simulation of environmental sounds in this paper. This simplified model consists of four key stages: (1) The signal is decomposed through a bank of critical-band filters that simulates the frequency analysis of the cochlea or BM [18, 38, 42] . The output of each filter corresponds to the mechanical motion of the BM and roughly represents the nerve impulses at that point. (2) Within each channel, an autocorrelation analysis is performed on the output filterband waveform. The autocorrelation estimates a distribution of time intervals among all spikes (or nerve fibre firing probabilities), similar to Licklider [38] and Meddis et al. [39] [40] [41] . This approximates the time intervals between only successive spikes [18] and is computationally convenient. (3) All the autocorrelation functions (ACFs) are averaged across channels to generate a summary autocorrelation function (SACF). (4) The peaks of the SACF are picked, which correspond to the pitches.
In stage (1), a number of different auditory filters are used, in order to compare their pitch simulation performances and find the one with the optimal performance for environmental sounds, in terms of computational accuracy and efficiency. These auditory filters include the gammatone filterbank [43] , Bark scale critical bands [20] , and third-octave band filters. They are all commonly used to represent the magnitude characteristic of the human auditory filter [43] [44] [45] . For gammatone filters, 10, 20, 40 and 80 filters (e.g. 60 or more gammatone filters have been used in Meddis et al.'s models [39] [40] [41] ) with half overlapping along a scale between 50 and 22000 Hz are used here. The gammatone filterbank calls the Auditory Toolbox in MATLAB [46, 47] . Third-octave band filters have been used in loudness calculating procedure as an approximation of critical bands [20, 48] . The third-octave band filterbank used in this paper consists of 21 non-overlapping bands which cover the frequencies from 44 to 18000 Hz (the lowest three filters are one-octave band-pass filters) [49] . The temporal models using these different filterbanks are compared in Section 3.6.
Simplification pitch model
Based upon the pitch algorithms for simulation of auditory perception, some simplification pitch models have been developed for practical application of real-time pitch analysis in music and speech, and are thus computationally efficient and may be applicable for large sample size analysis. Part of Tolonen and Karjalainen [50] 's model is implemented, which can be seen as a computational simplification of the model of Meddis and O'Mard [41] . The procedure is as follows. (1) Instead of multi-channels in Section 3.2, this model essentially divides the signal into two channels, above and below 1000 Hz. (2) The envelope of the high-channel signal is then calculated by lowpass filtering at cut-off frequency of 1kHz. (3) The model computes ACFs of the lowchannel signal and of the envelope of the high-channel signal. (4) The resulting two ACFs are averaged to produce a SACF, in which the peaks indicate the pitches of signal. The exponential magnitude compression of the "generalized" autocorrelation and the enhanced SACF in Tolonen and Karjalainen [50] 's model are not used in this study, since they increase the risk of sensitivity to noise and thus are not suitable for environmental sounds [50] .
Parameter setting
The calculation parameters of these models implemented are set for environmental sounds based on the small set of sound samples. For each of these different models, unitary pitch range, between 75 and 5000 Hz, is considered. The lowest pitch value taken into consideration follows the convention in pitch estimation [51] . For the highest pitch value, above 4-5kHz the ability of the auditory system to discern changes in the frequency of pure tones diminishes and the sense of musical pitch disappears. Furthermore the tones produced by musical instruments, the human voice and most everyday sound sources all have fundamental frequencies below this range [18] .
During peak selection from the cepstrum or SACF, the total amplitude of the function is firstly normalized between 0 and 1. It is postulated that a given local maximum of the function will be considered as a peak if it meets a number of conditions: (1) its normalized amplitude is higher than a threshold, specified by the parameter of "Threshold"; (2) the differences of amplitude with both the adjacent local minima are higher than a threshold, specified by the parameter of "Contrast"; (3) abscissa distance (frequency distance) to adjacent peak is greater than a given threshold, specified by the parameter of "Reso". The higher peak remains out of two adjacent peak candidates with a distance lower than the threshold. In addition, the peak near the place corresponding to the abscissa of zero of the function is ignored [30] . Of each model, different values of the condition parameters have been compared and set to obtain the optimal and balanced results based on the 15 sound samples, in that the major peaks of the function with positive absolute autocorrelation coefficients are generally selected [16] . While multiple pitches can be picked, the most prominent four pitches (if there are more than four), i.e. the ones with the highest pitch strengths corresponding to the highest four peaks, are extracted to reflect the different pitch properties of the sounds, given that some of the 15 sound samples show only zero to two pitches whereas some others show even eight to ten pitches using most of the models (as discussed in Section 3.5 below), and also, the strengths of additional pitches are small and thus less relevant. The parameter settings, indicated in the corresponding commands in MATLAB for each model, are shown in Table 1 . It is noted that the authors have modified the program to a small extent to meet the needs in this study, and thus a number of the commands are not directly available in MIRtoolbox.
For the calculation of variation of pitches over time, the signal is first decomposed into successive frames of short duration, and pitches are calculated within each frame. The frame length of 46.4ms and hop length of 10ms are used according to Tolonen and Karjalainen [50] . 115  812  177  148  --1067  -274  -2017  102  205  93  ---400  ---491  939  268  ----119  ---551  84  376  ----281  ---PA  275  3652  37  17  3629  --77  -649  -158  3511  27  14  ---53  ---146  3449  22  ----46  ---122 3294 
Comparison of pitch models
To compare the simulation performance of the models implemented on environmental sounds, the pitch/pitches of the 15 sound samples are calculated according to each of the models. Both the variation of pitches over time and average pitches over the whole duration are calculated. The average pitch is calculated by ACF based on the whole duration, in contrast to ACFs of successive frames; the results of the sound samples using all the models, in terms of average pitch values (PV) and corresponding pitch strengths represented as amplitudes (PA), are shown in Tables 1 and 2 . From the tables, it can be seen that the results are quite different across the different models, though some matches.
The simplification model (i.e. the '2Channels' method) has the limited frequency analysis range of pitch, focusing on low-to-mid fundamental frequencies, with maximum pitch of around 1kHz for the 15 sounds. It is determined by the boundary of the two channels, as both channels have the low-pass characteristics at the frequency of 1 kHz. Unlike most music and speech sounds, the pitches of environmental sounds may exceed that region as expected, e.g., the birdsongs may have pitches of about 4kHz using the temporal models as discussed in the following paragraphs. Since the two-channels method is a simplification of the temporal method, it is expected that the temporal models may derive more accurate results. Therefore, the two-channels pitch model may not be applicable for environmental sounds because of its limitation on pitch analysis range.
Using the spectral model based on the computation of cepstrum, the pitches of most of the 15 sounds are high. As shown in Tables 1 and 2 , the most prominent pitches have values of above 2.5 kHz for the majority of the sounds (exceptions include pitch values of ~1 kHz for sea wave, stream, and voice, and ~500 Hz for music). A possible reason of these relatively high pitch results is that environmental sounds may consist of large amounts of noise, rather than pure or complex tones as in music. While Wightman [30] 's and cepstrum methods focus on the analysis of complex tones -the power spectra of which consist of evenly spaced components, for noises, the estimations of high pitch values may result from the random changes of noise signals and consequently the quick changes in spectra along the frequency scale, but may not correspond to real pitch sensation. Thus, the cepstrum method implemented can only be used for pitch analysis of certain sound types such as music and speech, but not for general environmental sounds. Although the inadequacy of the algorithm might be corrected with a number of modifications, e.g., a pre-whitening filter involved in Tolonen and Karjalainen [50] 's model to remove short-time correlation of the signal, no effort has been made to implement these modifications due to the complexity [30] .
Using the temporal models, it can be seen from Tables 1 and 2 that the values of the pitches calculated vary among the 15 sounds. Taking the results by the algorithm based on 40 gammatone filter bands for example, the values of the most prominent pitches are ~4000 Hz for birdsongs, ~1000 Hz for sounds of fountain and stream, and no pitch perceived for river, sea waves, traffic, and wind. The pitch strengths of birdsongs, church bells (both above 7.5 for the most prominent pitches), and music (about 4.9) are higher than the others. These results may be consistent with what could be expected of human's pitch perception of environmental sounds; for example, traffic sounds consist of mainly broadband noise (without steep spectral slopes [20] ) and thus do not evoke any pitch sensation. For sounds with harmonics, such as church bells and music, pitch values correspond to the fundamental frequencies. Indeed, the temporal theories/models were thought to explain two pitch perception mechanisms associated with both resolved and unresolved harmonics [18] , and proved to be capable of explaining the majority of experimental results in pitch perception [42] , including both complex tone and interrupted noise [39] .
Comparison of filterbanks
The temporal models may be the appropriate methods for pitch analysis of environmental sounds as discussed above; however, it would be computationally expensive if a large number of filter bands were used. It is expected that the larger the number of filters used in this paper the more accurate the result would be, but computation time would also increase with increasing number of filters. Hence, the simulation performances based on the gammatone filters with different numbers of filter bands (10, 20, 40 , and 80), the Bark scale filters, and the third-octave band filters are compared, in order to look for a balance between computational accuracy and efficiency.
As shown in Tables 1 and 2 , between the gammatone filters, the pitch results differ when different numbers of filters are used. 40 and 80 gammatone filters generally produce similar results of pitch values in terms of variation of pitches over time, whereas the pitches over time computed with 10 or 20 gammatone filters tend to congregate more at certain frequencies. It is likely to be caused by the very limited number of filterbands. Both the Bark scale and third-octave band filters produce similar average pitch results to 40/80 gammatone filters, though the order of the four most prominent pitches -i.e. sorted by pitch strength from high to low -may vary. Also, these results (both pitches and relative pitch strengths) are somewhat similar to those produced by the '2Channels' method, except for high frequencies above about 1kHz. This agreement between the two types of models from another aspect supports the reliability of the pitch results.
In terms of calculation speed, both the Bark scale and third-octave band filters have similar numbers of filters to 20 gammatone filters and thus similar calculation speeds, all of which are quicker than the 40/80 gammatone filters. In other words, the Bark scale and third-octave band filters have similar accuracy performance to the gammatone filters with higher numbers of bands, but reduced computation time in this study. The calculation speed of the third-octave band filters is slightly quicker than the Bark scale filters because of its computational simplicity. Based on these results, therefore, the simplified temporal model implemented with the third-octave band filters is selected for the further pitch analysis of environmental sounds in this paper.
Determination of pitch parameters for environmental sounds

Pitch parameters based upon statistic analysis
Based on the model selected above, three pitch parameters related to subjective pitch sensations are derived. They are pitch value (PV), pitch strength (PA), and percentage of audible pitches over time (PN) (i.e. the ratio between the numbers of frames with pitch produced and the total frames in the duration). In order to describe the variations of pitch characteristics of sounds over time, a number of statistical indices are calculated from the results of the 15 sound samples.
The histograms of the four prominent pitches over time generally do not differ significantly for each sample, thus, to simplify the calculation, only the most prominent pitch (one pitch) in each frame is used. The histogram of the most prominent pitches over time of birdsongs is shown in Fig. 2 , as an example. The histograms are non-normally distributed along the linear frequency scale. Therefore, to summarize the pitch data over time, a number of descriptive statistical indices are calculated for the pitch features (i.e. PV, PA and PN). For PV and PA, the statistical indices include average (AVE), median, mode (the value which occurs most frequently in the data), standard deviations (STDEV and STDEVA), maximum, minimum, range (the difference between the maximum and minimum), and 5%, 10%, 25%, 75%, 90%, and 95% percentiles. As discussed in Section 3.5, another way for describing the average pitch of a given sound is calculating it from the ACF based on the whole duration, in contrast to averaging pitches over time. The results from the sound samples show the shapes of the SACFs are similar to those of the weighted histograms, see Fig. 2 as an example. Weighted histograms, which also take into account the strength of each pitch, are computed by adding the strengths of the pitches rather than counting the number of pitches in each frequency bin on a histogram. Thus, indices based on the SACF over the whole duration reflect also the characteristics of weighted histograms to some degree, and are used in this paper. These indices include values of the four prominent average pitches (PV1, PV2, PV3, PV4) and their pitch strengths or amplitudes (PA1, PA2, PA3, PA4). In total, 26 indices are included, part of which are shown in Table 3 .
It is noted that more parameters and indices could be extracted based on the SACFs from which pitches are calculated or from the variation of pitches over time, e.g. pitch ambiguity, in addition to pitch strength indicated by the absolute height of peaks in the SACF pattern, which is thought to be related to the relative height and number of neighboring peaks in the pattern [30] , and variance of successive pitches. However, this paper focuses on the indices discussed above.
Correlations and principal components of the pitch indices
Principal component analysis (PCA) is implemented to reduce the dimensionality of the dataset. The following analyses are based on the 102 samples, and the SPSS Statistics 20 software is used. Before the PCA, the correlations between the 26 pitch indices discussed above are first examined. The cases with missing values are excluded pairwise. The results shows that the correlations are high (coefficients above 0.8) between a number of the indices, e.g. between PA1, PA2, PA3, and PA4, between the statistical indices of PV over time, and between the statistical indices of PA over time. Among the indices, the ones that are particularly highly correlated (coefficients above 0.95) with some others are in general excluded from the index set for the PCA, for which 19 indices are remained.
The PCA is conducted on the correlation matrix of the 19 pitch indices. The cases with missing values are excluded listwise. Kaiser-Meyer-Olkin measure of sampling adequacy shows a result of 0.75, which generally indicates the adequacy of the sample size and the availability of the analysis. Among the 19 components extracted, the eigenvalues of first four components are greater than one. The first component accounts for 54.4% of the total variance, while the second, third and fourth account for 14.4%, 9.7% and 5.6% respectively. Table 3 shows the correlations between the first four components and indices, with high correlations (above 0.5) highlighted, and the proportion of each index's variance that can be explained by the retained principal components (PCs). It shows that all these indices (expect for PV4, of which the proportion is below 0.5) are generally well represented by the first four or three PCs. Component 1 represents almost all the indices as it has high correlations with them all, whereas Component 2 has high correlations with PA2, PA3, PA4, and PV Range, and Component 3 has high correlations with PA AVE and PA STDEV, but both mainly represent only a few of the indices. These results suggest that the pitch indices may form a single dimension of the variance based on the current dataset used in this study. These results can also be seen on the component loading plots, shown in Fig. 3 , where the first three components are displayed. It can be seen that the indices are generally clustered in groups. In Fig. 3 (a) , Component 1 mainly separates PN from the rest of the indices, whereas Component 2 separates PV and PA indices. In Fig. 3 
Correlations between the pitch indices and the timbre indices
To check if any of the pitch indices represents the same or similar variance with the other psychoacoustic indices, including loudness and timbre (sharpness, tonality, roughness, and fluctuation strength), that have been used for soundscape analysis [14] , the correlations between the 19 pitch indices and these previous psychoacoustic indices are examined. The cases with missing values are excluded pairwise. The results show that the correlation coefficients generally are not very high (below 0.6), with the highest coefficients of 0.6 to 0.8 existing between certain pitch and timbre indices; e.g. between pitch (both value and strength) and variation and maximum of sharpness (S STDEV, S MAX), between pitch strength and maximum tonality (Ton MAX), and between pitch (both value and strength) and fluctuation strength (Fls AVE, Fls STDEV, Fls MAX); parts of the results are shown in Table 4 . In other words, the pitch indices developed in this paper in general provide additional variance to the psychoacoustic indices that have been used in soundscape analyses. These correlations between pitch and timbre indices can be understood in the way that either there are certain inherent common variances contained in the parameters or indices, or the correlations appear based on the current data set, i.e., certain samples show a number of characteristics simultaneously, e.g., the birdsong recordings have high pitch value and strength and meanwhile high sharpness, tonality and fluctuation strength.
Pitch characteristics of environmental sounds
Hierarchical cluster analysis
With the 19 pitch indices discussed above, the 102 recordings are clustered gradually using hierarchical cluster analysis (HCA) that starts with each case in a separate cluster and then combines clusters until only one is left. The dendrogram is shown in Fig. 4 . It shows that between the last two clusters, one has most of the birdsongs recordings. In the other, there are a sub-cluster of church bells and a sub-cluster of some music, voice and birdsongs; the categories are rather mixed in the other sub-clusters. The different characteristics of the sounds in different categories in terms of the pitch indices are analyzed in the following section with one-way analysis of variance (ANOVA).
One-way analysis of variance
The mean values of the four sound categories, i.e. water, wind, birdsongs, and urban sounds, in terms of the 19 pitch indices, are compared with ANOVA, in order to examine if the sound categories differ from each other significantly in one or more indices. For each index, the cases with missing values are excluded from the analysis. The assumption of ANOVA, i.e., the homogeneity of variances of the indices, is firstly tested. It shows that the p values of all the indices are less than the level of 0.05, which suggests the assumption is rejected and the variances are unequal. The results of ANOVA show that the significance of F ratio (p value) is less than the level of 0.05 in terms of all the indices, suggesting some significant differences among the means of the categories, or between at least two categories. Furthermore, considering the inequality of the variances, post hoc tests are employed both to verify the results and to identify which of the specific categories differ. Table 5 shows the number of cases and the group means of each category. Table 6 shows the results of the post hoc tests using the Dunnett's T3 method, displaying the multiple comparisons among the categories in terms of difference between the means. Here, post hoc tests are not performed for PV3, PV4, PA3, and PA4, since the wind sound group has no cases showing result in the indices. The analysis shows that for almost all these pitch indices there are significant mean differences between birdsongs and the other three sound categories. Birdsongs have higher pitch values and pitch strengths, and lower percentage of audible pitches over time than the other three categories. In addition, a number of indices also show differences between these three other categories, as shown in Table 6 . For example, between water and wind sounds, water sounds have a lower mean of PV1 and a higher mean of PV Range than wind sounds. More detailed results about the characteristics of the environmental sounds are discussed in the following section (Section 5.3).
Characteristics of the sound categories
Since high correlations exist among each group of indices as discussed above in Section 4.2, a number of key pitch indices among the 19 pitch indices used in the ANOVA can be are selected -PV1, PA1, PN, PV AVE, and PA AVE. They respectively represent the different index groups: Pitch values of the four average pitches for the whole duration, pitch strengths of the four average pitches, the percentage of audible pitches over time, statistical indices of pitch values over time, and indices of pitch strengths over time. They in general contribute most to the first component by PCA as shown in Table 3 . With the 5 key indices, the 102 sound samples are plotted in the two-dimensional coordinate systems with their axes presenting the key indices, as shown in Fig. 5 .
From Fig. 5 , as well as Table 5 in Section 5.2, it can be seen that, as per the results of ANOVA, the recordings in birdsongs category have relatively high pitch values and pitch strengths compared to the other three categories. The values are generally above 1000Hz for PV1 and 500Hz for PV AVE, and above 0.5 for PA1 and PA AVE. Recordings in water and wind sound categories are located in almost the same areas in the figures; both have relatively low pitch values and strengths, generally below 1000Hz for PV1 and 500Hz for PV AVE, and below 0.5 for PA1 and PA AVE. In water sounds, PV AVE values of stream sounds are between 280 and 510Hz, whereas of river and sea waves sounds are below 280Hz. Recordings in the urban sound category generally have relatively low pitch values (below 1000Hz for PV1 and 500Hz for PV AVE) and a relatively wide range of pitch strengths compared to water and wind sounds, varying between about 0 to 2 for PA1 and about 0 to 1 for PA AVE (about 0.9 to 1.1 for music, 0.5 to 0.9 for voice, and generally below 0.5 for the other sounds). In terms of PN, it shows that the PN values of all birdsongs are relatively low, generally below 0.8; those of all water sounds are high, close to 1; and those of wind sounds and a majority of urban sounds are in a wide range, from about 0 to 1. Among urban sounds, the PN values of traffic sounds are low, about 0.08 to 0.15, and of church bells and fountain sounds are high, about 1. In other words, in general, birdsongs have fewer pitches audible over time than wind sounds, and than water sounds, which have audible pitches nearly throughout their duration. This could be explained by the nearly silent periods between successive birdsongs, whereas wind and water sounds are relatively constant. It is also noted that the PN index reflects a relative value in this paper. It is the percentage of relative audible pitches; when a sound sample, such as birdsongs, has pitches with very high pitch strength, other pitches in it (such as pitches in the nearly silent periods) become less notable and are not counted in the percentage. 
Conclusions and discussions
By examining the pitch simulation performance of the different pitch models implemented in this paper, including temporal models and spectral models based on the pitch perception and simplified model in music and speech, the temporal model implemented is found to be applicable to the pitch analysis of the common environmental sounds in soundscapes considered. This simplified temporal model, based on the temporal theories/models of pitch perception, is implemented by the decomposition through third-octave band filters, autocorrelation computation, and pitch selection.
Using this model, a number of parameters that correspond to pitch sensations, i.e. pitch value, pitch strength, and the percentage of audible pitches over time, and statistical indices that describe the pitch features over time are developed for the analysis of environmental sounds in this study. The correlations between the pitch indices and the loudness and timbre indices that have been used in soundscape analyses are not very high, except for certain correlations (coefficients of about 0.6 to 0.8), e.g. between pitch (both value and strength) and sharpness, and between pitch strength and tonality. It suggests that the pitch indices developed provide additional variance to the previous psychoacoustic indices for soundscape measurement.
In terms of these pitch indices, the different characteristics of different environmental sounds are shown. In general, both water sounds and wind sounds have low pitch values and pitch strengths, and high percentage of audible pitches over time. Birdsongs have high pitch values and pitch strengths, higher than the other three categories, and low percentages of audible pitches. Urban sounds have low pitch values and a wide range of pitch strengths; they have higher mean pitch strength and lower mean percentage of audible pitches than water and wind sounds. Among urban sounds, pitch strengths are high for music and voice, and low for the other sounds. The percentages of audible pitches of traffic sounds are low, as they in general do not evoke any pitch sensation, and those of church bells and fountain sounds are high.
To certain degree, the results correspond to those on the association of pitch features and emotions in music (as discussed in Section 1). For example, birdsongs (high pitch) are usually perceived/evaluated as activation and pleasantness, whereas water and wind sounds (low pitch) are usually perceived as calmness and pleasantness (such as in [9] ). Relationships between the pitch sensations as indicated in this paper and the emotional evaluations of soundscapes could be examined in future studies. Moreover, according the results in this paper on different pitch characteristics of various environmental sounds, the pitch parameters/indices could be used for the automatic recognition of environmental sound sources [15] , such as to identify birdsongs from other sound sources. While this paper focuses mainly on the environmental sounds in which a single sound source is predominantly present, it is expected that the pitch simulation model is also applicable to more general soundscape sounds, since this algorithm is found to be suitable for the environmental sounds covering a wide range of spectra, with both noise and tone components.
